Abstract-a smooth waveform is generated of low frequency signal can be achieved through the Digital Notch Filter. Noise can be easily eliminated from a speech signal by using a Notch filter. In this paper the design of notch filter using MATLAB has been designed and implemented. The performance and characteristics of the filter has been shown in the waveform in the conclusion part of the paper.
I. INTRODCTION
Signal Processing is the area of Engineering that deals with the processing of electrical signal either in discrete form or in continuous form. The signal need to be processed that the information that they contain can be converted ,displayed and analyzed to other form that may be used as a part of Analog signal processing is a part of signal processing where the continuous -time signal are to processed to get the desired results.
The area that deals with the discrete time signal in digitized form is known as Digital Signal Processing. Here a digitized signal as a number sequences at discrete time. There are many reasons why the digital signal processing of an actual (naturally analog) signal may be preferable. Programmability features of digital signal processing technique is one of the most important merit the make it superior to its analog counterpart. Other important features are accuracy and precision.
The subject of Digital Signal Processing is very wide. It consists of study of various mathematical tools like FourierTransform, Z-Transform, DFT, FFT etc. In addition to sound understanding of the simulation tools such as: MATLAB .A very important area of Digital Signal Processing, where huge numbers of efforts is being invested is the area of realized filter. Efficient techniques and algorithms are being worked out and are widely available in literature .in this paper we shall see that the realization of a digital notch filter and also see that the how removing noise from a speech signal by using GUI Model in MATLAB software and how the noise easily removed by using inverse filtering.
In this paper we shall know that how we can design a filter byusing a MATLAB software .There are many types of filters are available.
II. DIGITAL TECHNOLOGY
First of all, we discuss about the Digital Technology that how significant is that in our life. 1) Digital signals can be represented by electronics ON-OFF switches.2) coding helps maintaining secrecy in transmission.3) Data-compression techniques helps in effective economy in transmission.4) signal enhancement and signal reduction can be effected by introducing 1's and 0's appropriate places, as required.5)one of the major advantage of digital transmission of signal is its ability to reduce noise . In transmission of signal, noise gets added to the signal in the form of amplitude disturbances. Since, the binary signals have only two levels (1's and 0's) ofoperation; we can reduce noise by limiting the amplitude. 6) Modern VLSI and ULSI technologies have made circuit complexities a simple affair. They have introduced high -speed digital processor into the open market at affordable prizes. This has resulted in the popularity of DSP among common man. 
III. TYPES OF FILTERS

IV. DESIGN OF DIGITAL FILTERS
The procedure presented here for the design of digital filter is based on these some steps:
We first developed the expression for H(s) based on the analog filterdesign and then modify it in an appropriate fashion to suit the digital domain. www.ijarai.thesai.org
As an example consider the expression for the H(s) of the second order analog filter:
( )
Where =damping factor. To get transfer function desired digital filter, we first take the inverse Laplace Transform of above equation to convert frequency domain expression of H(s) into its time domain equivalent h(t).
After h(t) is obtained we used Z-Transform to convert it into H(Z) , we construct the required digital filter . This type of design is called "impulse invariant design".
We
A. Design of Digital InfiniteImpulse Response (IIR)
Filters There are several methods to designing the digital IIR Filters.
1) BUTTERWORTH IIR FILTER
Thedesign of Butterworth filters design with the design of its analog Counter Part from the analog design Step. We find expression for H(s). From H(s) we find H(z) either by direct conversion or with the help of a suitable transformation . Then using H(z) we can construct the desired filter structure.
Normalized the frequency-To normalize the frequency we use the equation: 
A. ABLOCK DIAGRAM B.
Above block diagram shows complete process of the system according to this block diagram .this process is done in MATLAB software. First of all, we will take an input of speech signal or an audio signal.
Then we select a filter like low pass, high pass or band pass and select the frequency of the selected filter and proceeding further and can see the waveform and spectrum of a speech signal and after that we have to add the noise as per user choice and then we can see the result of a noisy signal which is not our output. For eliminating noise from the speech signal we have do the inverse filtering or denoising of the signal. After that we can get the eliminated noise speech signal. We can get a noise free speech signal only then when we denoising the signal or doing inverse filtering.
B NOTCH FILTER
The NOTCH FILTER is a filter that passes all the frequencies except those in a stop band centered on a centered frequency. A closely related knowledg item discusses the concept of the Q filter. The amplitude response of a notch filter is flat at all frequencies exept for the stop band on either side of the centered frequency. The standard reference point for the roll-off on each side of the stop band are the points where the amplitude decreased by 3 db to 70.7% of its original amplitude. Many people think that the higher the Q then deeper the notch this is not true. The depth of a notch depends on the matching of components C MATLAB SOFTWARE This process we are doing on MATLAB software. For eliminating the noise from our speech signal we are using GUI 42 | P a g e www.ijarai.thesai.org Tool in Matlab program. This is the mathematical tool which is used for all type of mathematical calculations or mathematical process. This software is used widely in these days and this software can be easily applicable on digital processing, image processing, signal processing, and control engineering many more fields. Waveform of the speech signal after adding the noise Fig.6 . Spectrum of a signal when noise is added to the speech signal www.ijarai.thesai.org Fig.7 . Audio filter GUI demo after inverse filtering for denoising the speech signal Fig.8 .
VI. RESULTS
A. RESULTS WHEN WE UPLOAD A SPEECH SINPUT
C. RESULTS AFTER INVERSE FILTERING FOR DENOISING THE SPEECH SIGNAL
Noise eliminated by using the notch filter In this paper we have seen that how we can easily eliminated the noise from the speech signal or a random signal by using a GUI Tool in MATLAB software .and also seen the design of notch filter by doing inverse filtering. This technique can easily use in speech signal processing for eliminating the noise from the random or a speech signal. We can test this process that weather is it correct or not? for the testing of this system we have to see the spectrum signal of an original speech signal and the spectrum after denoising the noised speech if we get the exact replica or a same spectrum that we are having at the time of an original signal so our system is correct if we don't get the exact replica so our system is not correct. As we have seen in above results here, the spectrum after denoising the speech signal is same as we have the spectrum of an original speech signal it means our results and systems is correct.
